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1. Problem Description 
A dynamic compressor aims at 
minimising the dynamic range of a 
signal. More simply, turning down the 
loud peaks and turning up the quiet 
parts. From there, the resulting signal 
is generally normalised to the original 
maximum level, which means the 
signal will generally sound louder as its 
maximum its now closer to the 
minimum. Compression is regularly 
used in Audio Recording and 
Production to achieve various results 
across a range of instruments. 
Although there are some issues that 
can arise with using Audio 
Compressors when processing audio. 
This project aims at solving some of 
these problems to allow audio 
engineers more control over how they 
are effecting their signals. 
 
Most typical compressors used in 
Audio Production usually process a 
full-bandwidth spectrum, where 
basically all frequencies are treated 
equally across the full range (20Hz – 
20 kHz, depending on your sampling 
frequency). Therefore when a full 
range audio signal is processed 
through a compressor, when the gain 
reduction occurs, the entire signal will 
be effected equally and turned down 
no matter the frequency content of that 
signal. The Issue that is presented by 
using this form of compression is that if 
something loud occurs in one 
frequency, for example like a loud kick 
drum that you may be wanting to 
compress, it will trigger the 
compressor to start pulling down that 
signal, and consequently pull down 
any other signals that may be passing 
through at the same time, for example, 
a high frequency sound like hi-hats, 
that you may not have wanted to be 
compressed, or else, compressed 
differently to the kick drum.  
 
This may not be as much of an issue 
during the mixing stage, where often 
you will be processing individual 
sections of the drum kit soloed. 
Although, here another issue presents 
itself. Say you have a snare drum, and 
it just doesn’t have the crack and snap 
that you want it to have, but the 
resonance of the snare drum sounds 
fantastic. You can’t necessarily 
process these two parts of the signal 
differently when using a full-band 
compressor, as the low frequency 
content, the resonance, will often 
trigger the compression and as a 
result, compressing the whole 
broadband signal. 
 
This is where Multiband Compressors 
come in. They can effectively divide up 
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a signals frequency content into 
numerous frequency bands which can 
then be effected separately, giving 
more control over the signal, and 
making it able to complete the tasks 
that were not possible with a full-band 
compressor. This has been supported 
by iZotope (2014), “By using a 
multiband compressor, it is possible to 
closely tailor the compression to the 
different elements in a mix and 
compress the recording more 
transparently than with a standard 
single-band compressor”. This kind of 
compression is very useful in the final 
stages of mixing or the mastering 
stage of audio production, especially in 
music, where an engineer may want to 
get some more power out of the 
overall track, an so the compressor 
can be set to only effect the low 
frequencies without applying any 
compression to the mid and high 
frequencies which would make it 
sound muddy or harsh. 
2. Specification 
The primary function of my audio 
processor is to be used on sculpting 
the overall dynamic range of a piece of 
music with precise control over the 
frequencies being effected. Although it 
may be used on individual instruments, 
shaping how the instrument sounds, 
for example emphasising the ‘air’ of a 
human voice.  
 
 Figure 1: Signal Flow 
 
As can be seen through Figure 1, the 
script for the multi-band compressor is 
broken down to 3 basic steps: a filter 
stage, a compression stage and a 
summing stage. The first section splits 
a full range signal into 2 user defined 
bands, which are then individually 
compressed and make-up gain is 
applied via a function 
(comp_function.m), and finally 
summed back together and normalised 
to reproduce a full ranged output 
signal that has been compressed as 
defined by the user in each frequency 
range they specified. Variables related 
to filter design and compression 
factors are easily definable by the user 
giving them complete control over how 
the signal is affected. The function has 
been included along with the script and 
short samples and examples that may 
be used by the user to trail the system. 
 
Basic parameters has been suggested 
within the script to achieve a 
transparent sounding compressor, but 
users can simply alter these to achieve 
the results they desire. Finally, user 
friendly plots have been incorporated 
into the script and function in order to 
illustrate to the user how their signal is 
being affected by each stage of the 
script; Filtering and compression. 
 
 
3. Implementation 
This solution has been implemented 
as a digital audio system, which is 
mostly controlled by user-defined 
parameters, which are easily 
adjustable to suit the needs of the 
user.
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First step is the filtering stage. This 
stage simply allows the user to define 
the parameters that design the Low 
pass and high pass Filters. At the 
moment, I have the crossover point set 
to roughly 1.5 kHz, this is to provide a 
nice split of low and high frequencies, 
but this can easily be altered by the 
user to concentrate of isolating the 
lows from the rest of the signal or vice 
versa for the high frequencies. Ripple 
has been set to a value of 0.1, this is 
make the filter minimally flat in the 
pass band whilst having a bit of ripple 
in the stop band. But again this can 
easily be altered by the user to 
achieve varying results. Lastly it is 
recommended to keep the attenuation 
set to around 60db, as it achieves the 
smoothest crossfade results, although 
it can easily be altered too. For this 
implementation I decided to use 
Chebyshev Type 2 Filters, due to the 
smooth pass band, but as stated within 
the script, it is possible change this to 
a Butterworth or Chebyshev Type 1 to 
achieve different results. Plots will be 
produced in order to display to the 
user the frequency response of the 2 
filters. I have incorporated an envelope 
detection as the first line of my 
function, so that it can effect whatever 
signal it is given accurately. This is 
influenced by the parameter ‘a’ relating 
to the attack time. This envelope is 
then applied to the input signal. 
 
Next the user is able to define 
variables for the low band and high 
band compression separately. The 
compression factor determines the 
amount of compression that is applied. 
This number must be within the 
confines of 0>comp>-1 to apply 
compression, but it can act equally as 
an expanded by defining that 
0<comp<1.  The other variable here is 
the filter parameter which must be 
between 0 and 1. This value basically 
relates to the attack time of the 
compressor, and how quickly it is 
acting on the signal. Following the 
compression stage, 2 more graphs will 
be produced which basically show the 
user the Input and Output signal, 
allowing the user to identify differences 
to the signal before and after 
compression visually, whilst also 
display the amount of gain reduction 
applied to the frequency band. 
 
Finally the two bands are summed 
together and normalised to reproduce 
the final broadband compressed 
signal. As mentioned previously, User 
friendly plots have been implemented 
into the design of the multi-band 
compressor system. This has been 
done in order to help new users 
understand how the system is affecting 
their signals, so they can visualise it if 
they are unable to hear any difference 
or want to know how each section 
effects the overall signal. 
 
4. Evaluation 
It is clearly evident that the 
compressor functions as designed. It 
compresses a signal in 2 separate 
bands that are defined by the user, 
and sums them back together to result 
in a final broadband compressed 
signal. It does this all in a user friendly 
way that is easy to adjust parameters, 
whilst displaying the effects of 
adjusting these parameters with easy 
to interpret plots that explain the 
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processes to the user. Below I’ve 
included visual plots produced by the 
multi-band compression system that 
illustrate how this process functions 
and as well, show the effects on 
different signals that this system has. 
Low band
High band
 
Figure 2: Anechoic_voice.wav 
compression 
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Figure 3: Snare.wav compression 
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Figure 4: VIO1.wav compression 
 
Above are 3 figures that have been 
produced by the script and function of 
the project. All 3 cases, have been 
effected differently, by adjusting 
parameters to affect the bands with 
varying results. Overall, we can see 
that the compressor does in fact work, 
the peak values are relative constant, 
showing that we aren’t increasing peak 
volume but instead compressing the 
dynamic range and turning quieter 
parts up. It is definitely evident that 
there is control and separation of the 
two bands which is evident through 
analysis of these graphs. 
 
Compressors are generally designed 
to be transparent, and so the effects 
may not be as noticeable as this when 
using them for their intended 
application. I drove the compressor 
pretty hard and made it obvious that 
the signal was being compressed in 
order to produce these graphs. Ideally, 
I would like to take this further and 
introduce a third or even fourth band to 
the compressor, which would give the 
user even more control over the 
frequencies which they are effecting. 
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